Experimental validation of sound field control with a circular double-layer array of loudspeakers The experimental results show that a method of combining pure contrast maximization with a pressure matching technique provides only a small error in the listening zone between the desired and the reproduced fields, and at the same time reduces the sound level in the quiet zone as expected in the simulation studies well above the spatial Nyquist frequency except at a few frequencies. It is also shown that errors in the positions of the loudspeakers can be critical to the results at frequencies where the distance between the inner and the outer array is close to half a wavelength. Recent studies have attempted to provide simultaneously a sound field that imitates a desired one inside a circular or a spherical array of loudspeakers and a quiet zone outside the array. [1] [2] [3] [4] [5] These systems can have two advantages: one is to reduce the effect of reflections from a room so as to improve the degradation of sound quality due to the reflections. The other is to prevent other people outside the array from hearing the sound from the loudspeakers, which can be useful either if the sound contains confidential information, or if it is disturbing.
Methods to control an interior and exterior field have been proposed that use loudspeakers of first-order fixed or variable directivities in two-dimensional (2D) and 3D cases. [1] [2] [3] These methods interpret continuous monopole and dipole sources on the boundary of a region in the KirchhoffHelmholtz integral equation as discrete loudspeakers of firstorder directivity that can be modeled with monopoles and dipoles. Another study has shown that more accurate reproduction is possible with higher-order variable directivity sources in the 2D case. 4 On the other hand, a method with a circular double-layer of loudspeakers has been proposed in the 2.5D case, which interprets the monopoles and dipoles as a double-layer of loudspeakers without assuming that the directivity of the loudspeakers can be controlled. 5 These studies, however, have been based on theoretical studies and computer simulations, and no experimental validation has been provided. [1] [2] [3] [4] [5] For experimental validation of sound field control, the effects of errors in transfer functions between the source strengths and the sound fields have been studied, 6, 7 and regularization methods have been discussed and proposed to improve the degradation due to the errors. [7] [8] [9] However, these studies have also exclusively been based on computer simulations. On the other hand, only a few studies that validate sound field control with loudspeakers experimentally have been published. [10] [11] [12] [13] [14] [15] These studies have shown that the sound field control is feasible as expected from the simulations, but the exterior region of the loudspeakers array has not been considered.
The objective of this paper is to present and discuss experimental validation of sound field control with a circular double-layer of loudspeakers proposed in a previous study. 5 The double-layer of loudspeakers is realized with 20 pairs of closed-box loudspeakers that are mounted back-to-back. The loudspeakers are modeled as a combination of monopoles and dipoles, and source strengths of pure tones are obtained with several solution methods. The generated sound fields are measured inside and outside the array in an anechoic room with a microphone array, and performance indices are calculated. In addition, errors in the positions of loudspeakers and the effects of regularization are discussed.
II. EXPERIMENTAL SETUP
A. The loudspeaker array, the listening zone, and the quiet zone Figure 1 shows a circular double-layer array of the loudspeakers that is used for this experiment. Each pair is composed of two closed-box loudspeakers mounted backto-back. The enclosure size of each one is 10 cm a) Author to whom correspondence should be addressed. . Thus, the sound pressure in the zones can be expressed as vectors,
where Pðr; xÞ is the complex pressure at the frequency x (omitted in what follows for simplicity). The frequency range of interest is between 100 Hz and 1 kHz. The spacing between the adjacent sampling points is 7.5 cm, which is less than 1/4 of the wavelength at the maximum frequency, 1 kHz. The sound field generated by all loudspeakers at a given position can be expressed as
where q ðnÞ is the complex source strength of the nth loudspeaker, and Hðrjr ðnÞ s Þ is the transfer function between the nth source strength and the sound pressure atr. Each loudspeaker is independently driven by the corresponding source strength, and the source strengths are defined as the analog signals that are generated by sound cards. Thus, the unit of q ðnÞ is volt [V] , and that of Hðrjr (3) can be written in matrix form for P b and
where 
q ¼ q
Sound pressure atr in the desired field is denoted aŝ PðrÞ, and the sound pressure at discrete points in the listening zone and the quiet zone can be expressed as vectors,P b andP d . According to the objective,P d is a zero-vector (M d by 1). For simplicity, the desired field is a plane wave with an amplitude of B propagating in the negative x-direction,
where B is the magnitude and / is the azimuth angle. The magnitude B is chosen to be 0.05 Pa considering the signal-to-noise ratio and output ranges of the loudspeakers, and thus the sound pressure level is 68 dB sound pressure level.
B. Loudspeaker modeling
In order to obtain the source strengths q, the transfer functions, H b and H d , need to be measured or modeled. Measurements of transfer functions provide more accurate information, but they require too much effort to be used in practice. To avoid this problem, each loudspeaker is modeled as a weighted combination of a monopole and a dipole oriented in the radial direction. This model is valid in the frequency range of interest because loudspeakers behave as monopoles at low frequencies where the wavelengths are longer than the dimensions of the loudspeakers, and the dipole term can express directivities of the loudspeakers at higher frequencies. and the parameter are experimentally determined so as to reduce the averaged spatial error between the modeled and the measured transfer functions. That is, the transfer functions of a loudspeaker are measured in the front and back regions of the loudspeaker, and compared with monopoles at various positions in the center by calculating the normalized spatial error between them. Figure 3 (left) shows the magnitudes of the transfer functions at 100 Hz where the solid and the dotted lines indicate the enclosure of the active loudspeaker facing the þy direction (inward) and that of the inactive loudspeaker facing the -y direction (outward), respectively. The center position of this pair is at (À1.5 m, 0). Figure 3 (right) shows the normalized spatial errors between the measured and the modeled transfer function at 100 Hz where each grid is the position of the monopole. The dotted line shows the loudspeaker enclosure, and the white Â indicates the position with the minimum error.
Even if the position that has the minimum error varies with frequency, the error has the minimum when the center is located around 5 cm in front of the center of the baffle plane at all frequencies of interest on the assumption that ¼ 1. This shift to front shows that the center of the spherical wave is located in front of the driver, which is called the acoustic center. 16, 17 Hence, the position of the centerr ðnÞ s was determined first as 5 cm in front of the baffle plane, and then the weighting parameter was determined based on the averaged spatial error. As shown in Fig. 4 , the modeling error is reduced by taking a weighting parameter that is smaller than 1 above 500 Hz because the directivity of the loudspeakers can be considered. At each frequency, the weighting parameter that has the minimum error is chosen, that is, ¼ 1 below 400 Hz, ¼ 0.9 at 500 to 900 Hz, and ¼ 0.8 at 1 kHz. The modeling error increases with frequency, but it does not exceed À10 dB at any frequency of interest.
The loudspeakers differ by 61 dB in magnitude and by 610 in phase. These differences are compensated by obtaining A ðnÞ of each loudspeaker. The speed of sound is estimated to be 345 m/s from the temperature and the humidity in the anechoic room.
The other loudspeakers are assumed to have the acoustic centers in 5 cm front of the baffled planes. Hence, the distances to the acoustic centers of the inner and the outer arrays 
The spacing between adjacent loudspeakers is 0.408 m on the inner array and 0.440 m on the outer array. The spatial Nyquist frequencies at which the spacing on the inner and 
C. Solution methods
Several solution methods have been suggested to optimize two performance indices at the same time in the previous study. One of the indices is the acoustic contrast, which is defined as the ratio of the average acoustic potential energy density in the listening zone to that in the quiet zone. 19 In discrete form, this ratio becomes
where the superscript H indicates the Hermitian transpose. The other performance index is the normalized spatial average error between the desired and the reproduced field in the listening zone, defined as
The solution that maximizes the acoustic contrast is obtained as the eigenvector corresponding to the maximum eigenvalue of the matrix R d À1 R b , as follows:
where
The magnitude of the solution is normalized such that
On the other hand, the solution that combines pure contrast maximization with a pressure matching technique has been proposed as follows:
where j (0 j < 1) is a weighting factor that determines the balance between the potential energy in the quiet zone and the mean square error in the listening zone. As j approaches 1, the solution tends to minimize the acoustic potential energy in the quiet zone, and as j approaches 0, the solution tends to minimize the error in the listening zone. The solution is equivalent to the least-square solution if j is 0.5. The solutions are regularized in the same way as in the previous paper, 5 which is based on the truncated singular value decomposition and the discrepancy principle. 20 The effect of regularization is discussed in Sec. IV.
D. Measurement setup
A planar array of 30 Â 20 microphones is used to measure the controlled sound fields in the listening zone. As illustrated in Fig. 2 , the measurement region inside the array is a rectangle (2.175 m Â 1.425 m), which includes the listening zone. The spacing between the adjacent points is 0.075 m.
The sound field outside the array is measured at 40 positions on a circle of radius 3.0 m that is included in the quiet zone as illustrated in Fig. 2 . These measurement positions outside the array are different from those used to obtain the source strengths,r . At each position, the sound pressure is measured along the z-axis with a linear array of microphones to observe the sound propagation in the upward and downward directions. The number of measurement points along z-axis is 24, z ¼ À0.9-0.825 m with spacings of 7.5 cm where the plane of interest is in z ¼ 0. Thus, the total number of measurement points outside the array is 960 (40 Â 24).
The resultant sound fields are directly measured by generating all loudspeakers with pure tones of the obtained source strengths at each frequency, instead of calculating with Eq. (3).
III. RESULTS
A. Performance in the horizontal plane Figure 5 shows the sound field obtained with the combined solution (j ¼ 0.5) at 200, 500, and 800 Hz from the left to the right. The first and the second rows are the sound pressure level and phase inside the array, respectively. The dotted circle indicates the listening zone. The phase decreases in the negative x-direction in the listening zone, which implies that a plane wave propagates in this direction. The magnitude of the plane wave is about 68 dB as intended at 200 and 500 Hz, but decreases by 10 dB at 800 Hz. The last row is the sound pressure level outside the array. Compared with the level in the listening zone, the difference is approximately 35, 25, and 15 dB at these frequencies, respectively.
When the sound field is obtained with pressure matching in the listening zone (j ¼ 0), a plane wave is generated, and the sound pressure level is about 68 dB in the listening zone, and about 40-60 dB in the quiet zone at these frequencies (not shown). On the other hand, in the sound field obtained with contrast control, a plane wave is not generated, and the level is about 68 dB in the listening zone because of the normalization [Eq. (15)], and about 20-40 dB in the quiet zone at these frequencies (not shown). Compared with these methods, the combined method (Fig. 5 ) shows higher contrast than the pressure matching in the listening zone and lower spatial error than the contrast control. Figure 6 shows a comparison of the two performance indices as functions of frequency obtained with various solutions: contrast control, pressure matching in the listening zone (j ¼ 0), and the combined solution with j ¼ 0.1, 0.5, and 0.9. This contrast is calculated from the sound pressure at the measurement points in the listening and quiet zones. The maximum contrast is obtained with the contrast control at most frequencies, and pressure matching in the listening zone gives the lowest contrasts at all frequencies. The contrast obtained with the combined solution exceeds 30 dB below the Nyquist frequency of the outer array (392 Hz), and takes higher values than 20 dB up to 700 Hz. On the other hand, the minimum spatial error is obtained with pressure matching in the listening zone (j ¼ 0), and the spatial error obtained with contrast control is the largest at all frequencies. The spatial errors obtained with the combined solution are lower than À15 dB below the Nyquist frequency of the outer array, and increase to values from À15 to 0 dB at higher frequencies. The results at 400 Hz show performance degradation, which is discussed in Sec. IV. Figure 7 shows the sound field on a cylindrical surface outside the array (u-z plane, r ¼ 2.815 m) at 200 Hz obtained with the combined solution (j ¼ 0.5). Even if the sound pressure level is reduced to less than 40 dB around the plane of interest (z ¼ 0), this level increases above and below this plane. In particular, the sound pressure at vertically high and low positions takes a higher value at u ¼ 0 than other angles where the plane wave is coming from.
B. Performance in the vertical plane

IV. DISCUSSION
A. Errors in the positions of the loudspeakers
The contrast and the spatial error in the experimental results (Fig. 6 ) differ from those in the simulation results obtained in the same condition (Fig. 8) by a maximum of 25 dB up to 500 Hz. For example, as shown in Fig. 8 , the contrast with the combined solution (j ¼ 0.5) is about 50 dB at 100-300 Hz, and decreases to more than 45 and 30 dB at 400 and 500 Hz, respectively (not shown). This difference can be caused by experimental errors, i.e., positioning errors of loudspeakers, modeling errors, and background noise. Among these errors, the modeling error is estimated to be less than À20 dB below 500 Hz, and À10 dB at 600 Hz-1 kHz (Fig. 4) . The background noise is negligible because the signal-to-noise ratio is more than 20 dB (not shown). The errors in the positions of loudspeakers have been known to be critical to crosstalk cancellation of two loudspeakers systems for stereo.
21 Figure 9 shows a simulation result obtained by assuming that the distances from the center to the loudspeakers are not identical but have errors from À2 to 2 cm based on the measured diameters of the ring. For simplicity, the error in the tangential direction is assumed to be zero. This result is closer to the experimental results than the simulation result at 100 to 500 Hz, and a large degradation of the performance occurs at 400 Hz. This means that the positioning error of the loudspeakers can be critical and induce a large error at some frequencies.
Figures 10 shows the vector norms of the source strengths (top) and the condition numbers of the matrices for inversion in Eq. (16) (bottom), respectively. The highest norm is obtained at 400 Hz, which is expected to induce the large effect of the positioning error at 400 Hz. However, this cannot be explained by the condition number because at 400 Hz it is smaller than at 100-300 Hz.
This can be explained with the distance between the inner and the outer array of loudspeakers. The distance 40 cm is close to half-a-wavelength at 400 Hz, 43 cm. This means that each pair of loudspeakers can cancel each other. In the controlled sound field at 400 Hz with the simulation, the sound level in the region between the inner and the outer array is higher than that in the listening region by about 20 dB (not shown). This implies that the cancellation between the loudspeakers is reduced by the positioning error in the experiment, and as a result the sound waves reach the listening and the quiet zones.
B. The effect of regularization
As shown in Fig. 10 (bottom) , the matrices are not robust at 100-300 Hz. Even if the positioning errors are expected to have smaller effect because of relatively long wavelengths at these frequencies, the errors can occasionally lead to large errors in the controlled sound field. However, this problem can be reduced with regularization, but it is difficult to determine the optimal regularization parameter without accurate information of the errors if the system has the error, not the output. For example, the L-curve method has been widely used to determine the optimal regularization parameter, but this method assumes that the output has uncorrelated error, 22, 23 and the combined method does not have a distinct corner of the L-curve (not shown).
In order to investigate the effect of regularization, the contrast and the normalized spatial error are obtained in simulations and experiments with various parameters of the Tikhonov regularization method 23 in the case of j ¼ 0.5. That is, regularized solutions are used as follows:
where a is a regularization parameter. This solution is different from what is used in the previous paper, 5 but it has been well known that Tikhonov regularization produces similar results to the regularization based on the truncated singular value. , and the spatial error has the lowest value with the parameter 10
À2
. The contrast is improved by 5 dB at some frequencies, and the spatial error is increased in this case. Figure 12 shows the simulation results with the same condition as that in Fig. 11 and the positioning errors that are introduced in Fig. 9 . This means that perturbed matrices with the positioning errors are used to obtain the reproduced sound field in this simulation. The contrast takes about 35-50 dB at 100-300 Hz with the parameter 10 À2 -10 1 . These results are higher than those in the experimental results by about 10 dB at 100 Hz and 5 dB at 200 Hz, and then the differences decrease into less than 5 dB at 300 and 400 Hz. With the regularization parameter 10 2 , the contrast and the spatial error approach those in the experiment, and the differences are less than 3 and 1 dB, respectively. This means that the regularization makes the solution robust to the experimental error. It is expected that the smaller experimental errors reduce the difference between the experiment and the simulation with the smaller regularization parameter.
C. Vertical propagation
As can be seen in Fig. 7 , the sound pressure level out of the plane of interest is higher than that in the plane of interest (z ¼ 0), which implies that sound waves propagate upward and downward. These waves need to be acoustically treated with sound absorbing material unless the array is placed under anechoic condition because the waves can be reflected from the ceiling and the floor and affect the sound field in the plane of interest. Nevertheless, in the second case with the combined solution, the sound pressure takes a high value only around u ¼ 0. If the direction of the plane wave is fixed, then partial treatment around u ¼ 0 can reduce this effect.
V. CONCLUSIONS
Sound field control with a circular double-layer of loudspeakers has been experimentally validated. Loudspeakers mounted back-to-back have been used to realize the doublelayer of loudspeakers. The experimental results have shown that this system provides an acoustic contrast of more than 30 dB and a normalized spatial error of less than À10 dB below the spatial Nyquist frequency of the outer array (about 392 Hz). Up to 700 Hz, well above the Nyquist frequency, an acoustic contrast of more than 20 dB is obtained. A large degradation of the performance appears at 400 Hz where the distance between the inner and the outer array is half-awavelength, and the simulation results have shown that the cancelation between each pair of loudspeakers makes the system sensitive to experimental errors. The experiment on the effect of regularization have shown that the contrast can be improved by about 5 dB below 500 Hz, at the expense of increasing the spatial error. 
